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The performance of a tandem connection of narrowband and wide-

band speech communication systems is evaluated. Specifically, the

narrowband system consists of a conventional Linear Predictive Coding

(LPC) vocoder operating at a bit-rate of 2.4 kb/s and the wideband

system consists of a Continuously Variable Slope Delta modulator

CVSD operating at a bit rate of 16 kb/s. In Part 1 of this paper the

properties of the narrowband-to-wideband link are investigated and

in Part 2 the properties of the wideband-to-narrowband link are in-

vestigated. In part 1 the SNR (signal-to-quantizing noise ratio) of the

CVSD coder is analyzed over a 50-dB variation of the input signal levels

and for a variety of source excitations for the LPC synthesizer. It is

shown that SNR improvements in the CVSD coder of 2 to 2.5 dB are

possible in the slope overload region of the coder by modifying the

source excitation of the LPC synthesizer and by preprocessing the input

signal to the coder with an allpass filter. Both methods aid in reducing

the peak factor (peak-to-RMS level) of the input speech to the coder.

Subjectively, however, only slight improvements in quality, if any, were

observed with these modifications.

I. INTRODUCTION

Agencies of the United States government are currently formulating

plans for an extensive digital secure voice communication network. In

this network, a substantial fraction of the signals will be transmitted over

"wideband" circuits at 16 kb/s. Owing to severe bandwidth constraints

in some parts of the network, however, there will also be "narrowband"

speech links in which the transmission rate is 2.4 kb/s. In preliminary

plans, the wideband code format is CVSD (Continuously Variable Slope
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Fig. 1—Narrowband-to-wideband link.

Delta modulation) and the narrowband code format is LPC (Linear

Predictive Coding).

Both of these coding methods have been studied extensively, and their

performance over single transmission links (involving one encoding

operation and one decoding operation) is now well understood. 1 -2 In

addition to creating single links, however, the proposed communication

network will establish tandem connections containing both narrowband

and wideband links. It is not clear a priori that two systems, each de-

signed for single-link operation, will interact in tandem to provide ac-

ceptable overall quality. Existing knowledge of LPC and CVSD is of

limited value in predicting tandem performance and yet the viability

of the proposed network depends on adequate performance of tandem

as well as single circuits. It is the purpose of this paper to describe the

properties of CVSD and LPC that influence the performance of the nar-

rowband-to-wideband connection shown in Fig. 1. A companion paper

deals with the complementary wideband-to-narrowband connection.

Our study focuses on issues that arise in tandem links but not in in-

dividual circuits. In particular, in this paper we investigate the effects

of the narrowband channel on CVSD signal-to-noise ratio (SNR). In doing

so we have measured the SNR of the CVSD coder with an original speech

input and compared it with the SNR when the CVSD input is LPC syn-

thesized speech with a conventional (impulse) excitation source (during

voiced intervals). With a view to improving the quality of tandem cir-

cuits, we have also investigated the effect of allpass filtering the LPC

output and of using broadened excitation sources for voiced sounds in

the LPC synthesizer.

The studies have been carried out by means of computer simulations

on a Honeywell DDP 516 computer. In the narrowband-to-wideband

tandem we have measured SNR as a function of CVSD input level for a

variety of interface and LPC synthesizer source configurations. For each

condition (i.e., a given input level, synthesizer source and interface) we

have recorded two sentences transmitted through the tandem link. The

SNR measurements as well as informal listening experience suggest that

CVSD is a critical element in this tandem connection. It has been shown

that combinations of interface filter and modified synthesizer source

are effective (to some extent) in improving overall quality when the CVSD

input level is high. In this case the delta modulator is subject to sub-

stantial slope overload. The overload is reduced both by prefiltering and
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Fig. 2—Block diagram of LPC-to-CVSD link.

by broadening of the LPC synthesizer source because both of these

methods reduce the ratio of peak-to-rms level of the signal at the CVSD
input. Of the two methods, adjustment of the LPC excitation is more
effective but does require some modification of the LPC link. All-pass

filtering the LPC output signal has the advantage of being external to

both CVSD and LPC.

II. OVERVIEW OF THE NARROWBAND TO WIDEBAND LINK

In this section we discuss the elements of the narrowband-to-wideband

tandem connection. We will first review the basic operation of the LPC
vocoder and the CVSD coder and will then discuss issues involved in

connecting these two systems in a tandem link. After establishing a basic

understanding of the various elements in this link, we will discuss factors

which affect the performance of this connection and ways in which this

performance can be improved.

Figure 2 shows a more detailed block diagram of the overall tandem
connection. The narrowband system consists of an LPC analyzer and a

pitch and voiced/unvoiced detector. The parameters from these two
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analyses are used by the LPC synthesizer to resynthesize the speech

waveform. An allpass network may be used for further post processing

of this waveform. The details of this network will be discussed in a later

section.

As shown in Fig. 2, the wideband system consists of a bandpass filter

to prevent aliasing, the CVSD coder and another bandpass filter that

suppresses CVSD quantizing noise. Gains G and 1/G are used in mea-

suring the dynamic range (i.e., variations in performance as a function

of signal level) of the CVSD coder.

The basic sampling rate of the narrowband system is 10 kHz and the

sampling rate of the wideband system is 16 kHz. In order to interface

these two systems a sampling rate converter is used. The details of this

conversion will also be discussed in this section as well as the conversion

from 16 kHz to 10 kHz which is required in the wideband-to-narrowband

tandem connection.

2.1 The wideband system (cvsd)

Figure 3a is a block diagram of the CVSD coding process. The input

speech signal is called x(t). An approximation signal y(t) is generated

in the encoder feedback loop and at the feth sampling instant (t = kT,

T = 1/16000 sec), the transmitted signal is bk = 1 if

x(kT) = xk >yk =y(kT) (1)

Otherwise bk = -1. A positive output causes y{t) to increase during the

next sampling interval making yk+i attain the value

yk+ i
= ocyk + H(l-a)Ak (2a)

where a is the leakage of the approximation signal integrator and A* =

A(kT) is the fcth step size. A negative output, 6 fe
= -1, results in

yk+i = <xyk-H(l-a)Ak (2b)

The step size is obtained from another integrator which processes the

output of an overload detector. The overload detector has output V when

the three previous CVSD outputs are identical (all 1 or all -1). Otherwise

the output of the overload detector is 0. To ensure that the minimum

step size is nonzero a small quantity V\ is added to the output of the

overload detector. Thus, the step size satisfies the relation

Afc+1 = /3Afe + (l-0)(V+Vi) (3)

when three previous outputs are identical where /3 is the leakage of the

step size integrator. Otherwise,

Afe+ i
= /3A* + (1 - j3)Vi (4)
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Fig. 3—(a) Block diagram of CVSD coder and (b) circuit implementation of CVSD
coder.

Figure 3b shows the circuit implementation of these operations. In

the digital logic, point A is the output of the overload detector. It is an
open circuit when the three previous bits are all 1 or all -1. This open
circuit condition allows the 1 j*F capacitor to charge toward +V through
Rl and R3. When the last 3 bits are not identical, point A is grounded
and the capacitor discharges to ground through Rl and R4. The poten-
tiometer R6 establishes V\ the minimum voltage on CI.

When bk = 1, point C is grounded and point D is an open circuit. The
gain of amplifier A2 is H = 3 and the voltage at point E is 3A. When bk
= -1, C is open circuited and D is grounded causing the voltage at E to

be -3A. Thus the integrator R2-C2 charges toward ±3 times the voltage

on capacitor Cl, depending on whether bk = ±1.

The time constant of the step size integrator is 5.69 ms (1 nF X Rl +
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R3 or R4 in parallel with R5 and with the input impedance of A2 which

is 20 kfi). The step size coefficient is therefore

B = exp (
— /5.69 X lO"3

) = .99 (5)P y
\ 16,000/ /

The time constant of the approximation signal integrator is 1 ms which

gives

a = exp/ — /lO"3
) = .94 (6)

*A 16,000/ /

In the computer simulation, speech is represented as a 16-bit integer

between -32,768 and 32,767, so that a value of V = 32,767 is equivalent

in hardware to a peak speech input equal to the supply voltage. In our

studies we have provided for a wide dynamic range of step sizes, V/V\

= 200 so that Vi = 164.

Thus eqs. (3) and (4) are, numerically,

Afe+1 = .99A* + 329 (7)

when three outputs are identical and

Afe+1 = .99A* + 1.64 (8)

otherwise. Similarly eqs. (2a) and (2b) are,

y*+i = -94y* + .18Afc (9)

ifx* >yk and

= .94y fe
- .184* (10)

otherwise.

2.2 The narrowband system (lpc)

The narrowband system consists of a Linear Predictive Coding (LPC)

system based on an all-pole model of the speech production mechanism.

The all-pole model implies that within a frame of speech, the output

speech sequence is given by

Sn = £ ClkSn-k + Gun (11)

k=l

where p is the number of poles, un is the appropriate input, G is the gain,

and the afe 's are the LPC coefficients that represent the spectral char-

acteristics of the speech frame. For a voiced speech segment, u n is a se-

quence of pulses separated by the pitch period. If the segment is un-

voiced, pseudorandom noise is used as input.

In our study, the LPC coefficients were calculated by the autocorre-

lation method with p = 12 (Ref. 2). The analysis was performed every
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20 msec (50 times/sec) across overlapping 300 sample (30 msec) Ham-
ming windowed speech frames. The pitch detection and V/U (voiced/

unvoiced) decision is based on the modified autocorrelation method. 3

The effects of pitch and V/U analysis do not in general influence the

performance of the narrowband-to-wideband link. In the reverse link

(wideband to narrowband), however, the pitch and V/U analysis is

strongly affected by the performance of the wideband system. Therefore

we will discuss the pitch and V/U analysis in the accompanying paper

on the wideband-to-narrowband link.

Since the stability and characterization of the LPC synthesizer is ex-

tremely sensitive to small perturbations in the LPC coefficients, it is not

possible to achieve low-bit-rate coding by transmitting the LPC coeffi-

cients. 2 However, by transmitting either the log area coefficients or the

parcor coefficients, a 2.4-kb/s vocoder is readily achieved.4 The log area

coefficients are related to the LPC coefficients by

ft- logf^ (12)
1 — ki

where the /z/'s are termed the parcor coefficients. 2 If we denote aft) as

the ith linear prediction coefficient for a yth-order linear-prediction

model then

ki = en« (13)

The parcor coefficients have the very important property that if

\ki\<l i = l,...,p (14)

then it is guaranteed that the linear prediction synthesizer is stable. 2

Thus, small perturbations in the parcor coefficients or log area coeffi-

cients will not affect the stability of the synthesizer, and morever these

small perturbations will not seriously alter the spectral characterization

of the speech segment. 5 Since the log area coefficients are slightly less

sensitive to quantization error5 they were transmitted in the narrowband

system.

The quantization of the LPC control signals (pitch, gain, and the g,'s)

was accomplished by ADPCM (Adaptive Differential PCM) techniques.6

In this scheme, the value of a particular control parameter in the nth

frame is initially estimated as equal to the transmitted values of the

parameter in the (n — l)st frame. The difference between this predicted

value and the actual parameter value is then quantized using a gamma
or laplace quantizer with an adaptive step size. 4,6 Complete details of

the adaptation scheme and the quantization method are given in ref.

4.

The bit allotment in the narrowband link is as follows. The pitch and

gain information is encoded with 3 bits/sample each. The first six log area
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ratios g h g 2, ., ge are each encoded with 4 bits/sample and g7, gs, . . .

,

#12 are encoded with 2 bits/sample. One bit/frame is used to transmit

the V/U decision. This gives a total of 43 bits/frame or a transmission

rate of 2.15 kb/s. Another 5 bits/frame are used for transmission of ini-

tialization information and frame synchronizing information giving a

total of 48 bits/frame or a total transmission rate of 2.4 kb/s for the

narrowband system.

2.3 Bandpass filters

The bandpass filters in Fig. 2 are all identical and are used to limit the

bandwidth of the signal to the range 200 Hz to 3200 Hz. The third

bandpass filter below the block diagram of the wideband system is used

for compensating the group delay of the input signal of the CVSD in order

to make meaningful SNR measurements on the CVSD.

The bandpass filters are eighth-order recursive elliptic filters with a

passband ripple of 0.25 dB and a stopband attenuation greater than 35

dB. The average group delay of the filters is 0.325 msec in the passband

and it peaks to 7 msec in the lower transition band. Figure 4 shows the

log magnitude response (dB), group delay, and impulse response of these

filters.

2.4 Sampling rate conversion

In the tandem connections it is necessary to convert the sampling rate

of the signal from 10 kHz to 16 kHz and from 16 kHz to 10 kHz (in the

opposite connection). One way of achieving this conversion is to convert

the signal to analog form and then resample it at the new sampling rate.

This approach is susceptible to electronic noise in the analog circuitry

and is limited by the dynamic range of the analog components.

A more attractive approach to the sampling rate conversion process

is to do a direct digital-to-digital conversion of the sampling rate. This

conversion can be done as accurately as desired and is not prone to ex-

traneous noise from electronic components. The digital-to-digital con-

version is accomplished with the aid of a linear phase FIR digital inter-

polating filter whose output sample values are computed at a different

sampling rate than the incoming samples. 7

Figure 5a shows the frequency response of a 119-tap FIR lowpass filter

which was used in the 10 kHz to 16 kHz conversion. Although the length

of the filter is 119 samples, only 15 multiplications and additions per

output sample are required in the conversion process because only a

subset of the filter coefficients are needed in computing each output

sample.7 Similarly, Fig. 5b shows the frequency response of a 127-tap

linear phase FIR filter used in the 16 kHz to 10 kHz sampling rate con-

version. In this case 26 multiplies and adds are used in computing each

output sample.
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Fig. 4— (a) Log magnitude response, (b) group delay, and (c) impulse response of

bandpass filters.

III. FACTORS AFFECTING THE TANDEM LINK

The performance of the LPC to CVSD link is affected by several pa-

rameters. Since the LPC vocoder analyzes and then synthesizes the
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speech signal, the performance of the CVSD coder will be affected by the

manner in which the speech waveform is synthesized. Primarily the

performance of the CVSD coder can be affected by factors such as the

input level of the speech and the peak factor (ratio ofpeak-to-RMS value)

of the synthesized waveform. Alternatively, parameters in the narrow-

band system relating to the pitch and the coefficients of the all-pole filter

in the synthesis model have little bearing on the performance of the CVSD

coder. Therefore, our investigation of the LPC to CVSD link concentrates

primarily on the first effects (input level and peak factor).

The input level of the speech waveform determines the operating mode

of the CVSD coder. If the input level is too low the coder will be operating

in the region in which its performance is determined primarily by

granular noise. If the input level is too high the coder will operate in a

slope overload condition. Typical waveforms for these coder conditions

are shown in Figs. 6-8. Figure 6 shows a complete sequence of waveforms

for the wideband system in Fig. 2 under normal (maximum SNR) oper-

ating conditions. Figure 6a shows 100 msec of speech appearing at the

output of the 10 kHz to 16 kHz sampling rate converter. In Fig. 6b the

speech waveform has passed through the first bandpass filter (see Fig.

2) and the effects of bandlimiting and phase distortion can be observed.

Figure 6c shows the output waveform of the CVSD coder with the gain

G = 0.158 which results in maximum SNR. The effects of quantization

are clearly noticeable. Finally, Fig. 6d shows the CVSD coder output after

bandpass filtering (i.e., the output of the wideband system). Figure 7

shows waveforms for the coder operating in the granular noise region

(G < 0.158). In Fig. 7a and 7b, waveforms of the unfiltered and band-
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Fig. 6—Speech waveforms for the wideband system, (a) Waveform after 10:16 sampling

rate conversion, (b) Waveform after first BPF (input to CVSD). (c) CVSD output waveform
(G = 0.158). (d) CVSD output waveform after BP filtering (output of wideband system).

pass-filtered CVSD coder output are shown for a gain setting of G =

.009375 or about 25 dB below the maximum SNR operating point. The
effects of severe distortion are clearly visible and the speech was com-

pletely unintelligible at this point. In Fig. 7c and 7d, waveforms are

shown for unfiltered and filtered coder outputs with G = .0395 or about

12 dB below the maximum SNR operating point. Figure 8 shows examples

of waveforms for the coder operating in the slope overload region (G >
0.158). In Fig. 8a and b the unfiltered and bandpass-filtered CVSD coder
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Fig. 7—Output waveforms of the CVSD coder in the granular noise region, (a) Coder
output for G = 0.009375 and (b) the output after BP filtering, (c) Coder output for G =

0.0395 and (d) the same output after BP filtering.

output is shown for G = 2.528 or about 24 dB above the maximum SNR
operating point. Although the effects of severe slope overload are ap-

parent, the intelligibility of the coder in the slope overload region is not

greatly reduced from that at the maximum SNR. Finally, Fig. 8c and Fig.

d show unfiltered and filtered output waveforms of the CVSD coder for

G = 0.632 or about 12 dB above the maximum SNR operating point.

One measure of coder performance is signal to quantizing noise ratio

(SNR). The range of input signal level over which the coder maintains

an acceptable SNR is often used as a measure of the dynamic range of
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Fig. 8—Output waveforms of the CVSD coder in the slope overload region, (a) Coder
output for G = 2.528 and (b) the output after BP filtering, (c) Coder output for G = 0.632
and (d) BP filtered output.

the coder. The point of optimum SNR is achieved when the coder is on
the verge of slope overload.6 Unfortunately this operating point is not
the same as the optimum operating point observed on the basis of sub-

jective performance.6 Subjectively the noise due to slope overload is less

objectionable than the granular noise. Therefore, SNR by itself is not a

reliable means for determining the optimum operating region of the

coder. More will be said about this in the next section, and in Part 2 (the

accompanying paper) another measure of coder performance is proposed

which correlates better with subjective performance than the SNR
measure.

An important factor affecting the performance of the CVSD, at least

in terms of its SNR, is the peak factor of the LPC synthesized speech. The
step size of the coder tends to track the RMS level of the input and, if the

speech waveform has a large peak-to-RMS ratio, slope overload will cause

the peaks to be clipped giving the speech a hoarse sound. If the clipping

is severe, intelligibility is degraded.

The peak factor of the synthesized speech can be reduced in several

ways to make it more amenable to waveform coding. In one technique

the standard pitch source excitation to the LPC synthesizer (an impulse),

is modified to spread the energy of the pitch pulse over a larger portion

of the pitch period. 8 A pulse which is spread over about 7 percent of the

pitch period has been found to be effective for this purpose. 9 Two pulse
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Fig. 9—Pulse excitation sources used for the LPC synthesizer, (a) Rectangular pulse

shape, (b) Rounded pulse shape.

shapes were tried in this experiment—a rounded pulse shape and a

rectangular pulse shape. The rectangular pulse shape is shown in Fig.

9a. The energy in the pulse is normalized to that of an equivalent im-

pulse. The second pulse shape, shown in Fig. 9b, is a rounded shape

proposed by Rosenberg8 (pulse shape B) to approximate the shape of

an actual glottal pulse. Tp is defined as the opening time and TN is de-

fined as the closing time of the pulse. The pulse shape is then defined

by the relation

<£<Trw j,

[
3
(i)'-

1@>
F(t) = b \i - (^r^)

2

]
for tp < f< tp + T" (15)

where F(t) is the height of the pulse and B is its peak amplitude. Values

of Tp and TN used in the experiment are Tp = 0.05T and TN = 0.02T

where T is the pitch period. The width of the pulse therefore expands

or contracts dynamically with the pitch period. The rounded pulse shape

was found to give the most natural sound for the LPC synthesized

speech.9

A second technique that can be used to reduce the peak factor of the

LPC sythesized speech is to filter the speech with an allpass filter which

disperses the energy of pitch peaks in the waveform. One approach to

designing such an allpass filter has been proposed by Rabiner and Cro-

chiere 10 in which the parameters of an allpass filter were optimized to

spread the energy of an impulse signal under the limitations of a maxi-

mum peak amplitude. This allpass network has been effective in re-

ducing the peak factor of the LPC synthesized speech.

The allpass filter which was used in our experiments was an eighth-

order filter which was cascaded three times to give a total allpass filtering
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Fig. 10—Group delay of the allpass filter used for preprocessing the CVSD coder
input.

equivalent to that of a 24th order filter. The 2 -transform of each

eighth-order filter is of the form

H(z) = n HM
i=l

where

HM = bj — CjZ~ l + z~ 2

1 - az- 1 + biZ~ 2

(16)

(17)

and the coefficients are

fei = 0.8149 c 1
= 1.2308

b 2 = -0.4970 c 2 = -0.1060

fc 3 = 0.8621 c 3 = -0.2135

6 4 = 0.7870 c 4 = 1.5727

The total group delay of the 24th order all-pass filter is given in Fig. 10.

It is seen that the group delay is dispersed between 5 and 90 samples (0.5

to 9 msec) across the frequency band (0 to 5 kHz).

Fig. 1 1 shows the effects of pitch pulse modifications and allpass fil-

tering on a voiced region of speech. Figure 11a shows the natural speech

waveform and Fig. lib shows an equivalent section of LPC synthesized

speech using an impulse excitation. In Fig. lie and d waveforms are given

for LPC synthesized speech with the rectangular and rounded pulse ex-

citations respetively. Figure lie shows the waveform for the LPC impulse

excited speech which was allpass filtered. Finally, Fig. llf and g show
the combination of both allpass filtering and rectangular and rounded
source excitations respectively. It is seen that the rectangular or rounded

NARROWBAND-TO-WIDEBAND LINK 1715
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(f)
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Fig. 11—Waveforms of the LPC synthesized speech, (a) Natural speech input, (b) LPC
synthesized speech with impulse excitation, (c) LPC synthesized speech with rounded
source excitation, (d) LPC synthesized speech with rectangular source excitation, (e) Allpass
filtered waveform of LPC speech with impulse excitation. (/) Allpass filtered waveform
of LPC speech with rounded source excitation, (g) Allpass filtered waveform of LPC speech
with rectangular source excitation.

excitation source modifications do improve the peak factor of the speech

as does the allpass filtering. The combination gives a further improve-

ment. In the next sections we investigate the effects of these modifica-

tions on the performance of the CVSD system.

IV. SNR MEASUREMENTS OF THE CVSD SYSTEM

In this section we report on the performance of the CVSD coder in the

tandem link as a function of the signal gain and the modifications of the

peak factor of the LPC synthesized speech. Computer simulations were

made for the system shown in Fig. 2. Two sentences were used for the

simulations. The first sentence, "Every salt breeze comes from the sea,"

was spoken by a low-pitched male and was recorded off a conventional

telephone line. The second sentence, "I know when my lawyer is due,"

was spoken by another male into a high-quality microphone.

The signal-to-quantizing noise ratio (SNR) of the CVSD coder was

measured across the entire sentence. The CVSD noise was obtained by
subtracting the filtered output from the CVSD input (also filtered) as

shown in Fig. 2. The gain G of the signal was varied from 0.009375 to

2.528 or over a range of approximately 50 dB.

Table I shows the resulting SNRs for the first sentence, "Every salt

breeze . . .
." Column 1 corresponds to results for natural speech input

to the CVSD coder. Columns 2, 3, and 4 are for LPC synthesized speech

using an impulse source, a rounded source, and a rectangular source

excitation respectively. Table II gives corresponding SNR's measured
with the all-pass filter preceding the CVSD. Tables III and IV pertain
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Table I
— snr of cvsd coder vs. gain and source excitation

Coder SNR* (dB)
LPC synthesized speech

Gain
G

Original

speech
Impulse
source

Rounded
source

Rectangular
source

0.009375
0.0395
0.158
0.316
0.632

1.264

2.00
7.30

9.29

7.29
5.06

3.31

1.84

7.35

8.89

7.23
5.13

3.34

1.77

7.89

10.47

9.00

6.39

4.17

1.78

10.62

6.76

4.43

* For sentence "Every salt breeze comes from the sea."

Table || — snr of cvsd coder vs. gain and source excitation for

allpass filtered inputs

Coder SNR* (dB)
LPC synthesized speech

Gain Original Impulse Rounded Rectangular

G speech source source source

0.009375 1.57 1.63 1.74 1.84

0.0395 7.53 7.51 7.91 7.94

0.158 9.26 9.67 10.33 10.79

0.316 7.95 8.37 9.41 9.68

0.632 5.83 6.10 7.18 7.53

1.264 3.60 3.84 4.68 4.92

2.528 2.00 2.15 2.63 2.76

* For sentence "Every salt breeze comes from the sea."

Table III — snr of cvsd coder vs. gain and source excitation

Coder SNR* (dB)
LPC synthesized speech

Gain Original Impulse Rounded Rectangular

G speech source source source

0.009375 2.52 2.37 2.28 2.31

0.0395 8.93 8.80 8.85 9.06

0.158 11.14 10.77 11.61 12.01

0.316 9.48 8.90 10.01 10.46

0.632 7.07 6.61 7.54 7.81

1.264 4.50 4.38 4.96 5.10

2.528 2.52 2.64 2.95 3.03

* For sentence "I know when my lawyer is due."

to the sentence "I know when . .
." and show measurements corre-

sponding to those in Tables I and II, respectively.

The data indicate that, with or without the allpass filter, CVSD SNR

with natural speech input is quite similar to SNR with speech derived

from an LPC synthesizer with impulse excitation. (In all four tables the

greatest difference between an entry in Column 1 and the corresponding
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Table IV — snr of cvsd coder vs. gain and source excitation for

allpass filtered inputs

Coder SNR* (dB)

LPC synthesized speech

Gain Original Impulse Rounded Rectangular

G speech source source source

0.009375 1.98 1.42 1.69 1.67

0.0395 8.33 8.48 8.91 9.05

0.158 10.59 10.44 11.67 11.49

0.316 9.53 9.02 10.42 10.16

0.632 7.22 6.89 7.84 7.86

1.264 4.59 4.76 5.44 5.55

2.528 2.M 2.75 3.20 3.31

* For sentence "I know when my lawyer is due."

entry in Column 2 is 0.6 dB; most differences are less than 0.4 dB.)

Comparing Columns 3 and 4 with Column 2 in the tables we see that

broadened pitch pulses lead to 1-2 dB improvements in measured CVSD
performance in the slope overload region. As a rule the rectangular pulses

result in a slightly higher SNR than rounded ones.

The benefits of allpass filtering are less pronounced than the benefits

of broadened pitch pulses. Comparing Column 2 entries (impulse exci-

tation) in Table I and Table II, we see that the allpass filter offers im-

provements of about 1 dB in SNR at high levels for one sentence. Tables

III and IV show virtually no improvement with the other sentence. When
the synthesizer uses broadened pitch pulses (Columns 3 and 4) the all-

pass filter adds 0.5 to 1 dB to CVSD performance with the first sentence

and little or nothing to the SNR of the second sentence.

Figure 12 displays the range of possible improvements in CVSD SNR
relative to the conventional tandem configuration which includes an LPC

synthesizer with an impulse source and no allpass filter at the narrow-

band-wideband interface. The lower curve in Fig. 12a and b shows CVSD

for this configuration for the two sentences in our study. The upper curve

in Fig. 12a pertains to the most successful modification of the sentence

recorded form a telephone line. This modification involves rectangular

pitch pulses and an allpass filter. With the sentence recorded from a

high-quality microphone, the best SNR performance, plotted in Fig. 12b,

was obtained with the rectangular excitation and no allpass filter.

V. SPEECH QUALITY

Informal judgments of the processed speech suggest that the pre-

dominant distortions of tandem circuits are those of CVSD. However,

the quality of a vocoder such as LPC depends on speaker and utterance

while a waveform coder such as CVSD is relatively insensitive to speech

material. Although the utterances used in this work were amenable to
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SENCENCE: "EVERY SALT BREEZE

A IMPULSE SOURCE

O RECTANGULAR SOURCE
ALLPASS FILTERED

5 -

-40 -30 -20 -10 10 20 30

INPUT LEVEL, dB RELATIVE TO G 0.158

(a)

Fig. 12—Summary of the results of the SNR measurements of the CVSD coder, for sen-

tences (a) "Every salt breeze comes from the sea" and (b) "I know when my lawyer is

due".

LPC, we anticipate that for certain speakers LPC would be the weaker

link in a tandem connection.

As a function of input level, CVSD quality appears to be much lower

with weak inputs, which lead to substantial granular quantizing noise,

than with strong inputs, for which the main distortion is slope overload.

This subjective effect is at variance with SNR indications which show

rapidly declining quality as the input level rises into the coder overload

range.

The use of broadened LPC excitation pulses lends a more natural

quality to the resynthesized speech as well as improving CVSD SNR in

the overload region. An allpass filter which also improves SNR for one

sentence seems to offer little, if any, enhancement of subjective quality

of tandem circuits.

VI. DISCUSSION

Although the conclusions of the previous section must be regarded

as tentative, pending formal subjective evaluation of speech processed

1720 THE BELL SYSTEM TECHNICAL JOURNAL, NOVEMBER 1977



in

SENTENCE: "I KNOW WHEN MY LAWYER IS DUE.

A IMPULSE SOURCE

O RECTANGULAR SOURCE

-40 -30 -20 -10 10 20 30

INPUT LEVEL. dB RELATIVE TO G = 0.158

(b)

Fig. 12 (continued)

in tandem connections, it does appear that efforts to improve the quality

of the wideband link would be justified. The CVSD encoder is a 9-year-old

design with values of circuit elements chosen to withstand transmission
errors occurring at rates as high as 10 percent. If this very demanding
requirement is relaxed somewhat and recent advances in delta modu-
lation are incorporated, it may be possible to modify the CVSD to produce
higher stand-alone and tandem quality. Alternatively other 16 kb/s
wideband coding schemes such as adaptive PCM, adaptive differential

PCM or sub-band coding may offer even greater advantages than im-
proved CVSD. 6 - 11
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